Abstract-Filter is vastly used to detect different human signal in real time. In this paper, a novel complete digital filter is proposed for the fast detection of EEG signals due to avoid the mixtures of different biomedical signals. This paper intends to design a digital complete filter based on Field Programmable Gate Array (FPGA) for the alleviation of unwanted frequency components in biomedical signals specially EEG signals. For this purpose, complete filter which is a combination of integrator filter and differentiator filter which supports both low and high noises and comparatively inexpensive than other signal processing methodologies can be used. For hardware implementation, FPGA board is used which is a combination of different logic gates which offers inexpensive and long lasting services.
I. INTRODUCTION
An electroencephalogram is a type of signal which is very low in strength. The power ranges from150 to 290 microvolts. These signals originated from the human brain are the graphical sketch of the brain activity. In the frequency domain, there is a scaling from 0.5 Hz to 100 Hz. And this specific scaling totally belongs to the frequency nature of electroencephalogram signals.
Now as a matter of fact, in this is study we are trying to stretch our time and implemented it to design an experimental model for detecting electroencephalogram signal. But from the past we can assure, detection of the EEG signal is not an easy task. Moreover, research associated with designing a hardware structure for detecting and analyzing EEG signal indicating that it is a quiet Complex work. Hence it is a non-stationary signal but its power spectral analysis is quite valuable. We can acquire not only the statistical analysis of the signal from the spectral estimating graph but also the characteristic summary.
Spectral analysis of electroencephalogram signal has been observed for the first time through computers during 1963 by Walter. But mankind was unable to use this variable analysis for 2 years. During 1965 we have witnessed the introduction of the fast Fourier transform and for the first time signal analyzing has become much easier than ever although at that time it can only measure 8 seconds of data at a time.
Although fast Fourier transform is a means for analyzing the complex signal in an efficient way but it is not the only way. So these papers have proposed a different method apart from FFT which is known as stochastic measurements [1, 2] , instead of spectral analysis they have shown their affinity with voltage and current harmonic analysis. In this study [3] they have designed the parameter of stochastic analysis with harmonic estimation for the direct current portion and being converged until 49 harmonics.
In this study, they have shown a different way of [4] analyzing Electroencephalogram signal. The core theme of their study is simply divide and conquer approach. Following these approaches, they have divided the signal into many independent components and they have conducted an independent component analysis approach for this study all over those components. It is proven to be very powerful solve a blind source separation case. However, this case for the clinical source or any highperformance data analysis is not that suitable for low memory and low processor. That's why this type of operation like to be processed on the online server. But there is also a pitfall for this type of operation these operations may run faster and smoother in the online operational area but they do cost too much computational cost which is not very desirable for any personal or industrial case. The advantages of this study are they can maximize is the data flow, large-scale operation, and efficient data classification. For brain-computer interface [5] this work maybe one of the most notable work ever done. TOP design paradigm for connecting the brain with the computer through that page in a very cheapest way. According to the claim of the authors, they have quoted that to the best of their knowledge this work is the first field Programmable Gate array model for interfacing the brain to with the computer in a cheap way. They have used three different electrodes, as an amplifier and a Field Programmable Gate array which can process a single electroencephalogram signal at a time. The performance of this system is quite satisfactory, the accuracy of processing signal was 92%. The work done by these authors is very compelling and the amount of the accuracy conquered buy them is 96%. And this system is configurable brain-computer interface. They can also filter the input signal; noise removal is also possible as well as baseline analysis. Moreover, linear and nonlinear, univariate, bivariate measuring is also possible through this system.
Chandrakasan and J. Kwong [7] have developed a biomedical signal processing platform which is beginning with a 16-bit microcontroller and ends with accelerators. Their SoC is programmable and also have a dynamic memory which is efficient for estimating and comparing the different length of EEG signals.
They have developed a low-power SoC [8] monitoring system for the continuous electroencephalogram signal also they can perform season deduction through this system. They have used 7 frequency bands also a bank of band-pass filters. For the user, they have managed up to 18 channel facilities.
A proposed diagram is shown in fig. 1 for hardware implementation of digital filter on FPGA circuit boards where analog input amplified EEG signal is converted into digital data stream by using ADC converter then the digital data is reconverted into filtering process and amplified analog signal by using DAC converter is received at the output end. This paper represents a simple filter for EEG signal which would help to differentiate the filter with other human signal like EMG, ECG, EOG etc. It is a low-cost filter using only registers and needs less space and power for implementation. The system uses a computer in which the design can be programmed and simulated on Quartus II software with interface to ALTRA Cyclone DE II board of FPGA device. From the implementation side, references [9 -11] , use Altera devices. We have organized this study in 4 steps. The first step is associated with the discussion of the background of the complete filter. The second step is discussing the architectural analysis of this proposed methodology for the FPGA. The third state is containing of results and analysis of different portions of the result. The final stage is consisted of the conclusions and future work of the study.
II. BACKGROUND
Consider a recursive and no recursive N-point digital filters, with the basic building block structure in Figure 2 , are characterized by the following difference equation:
Where ( ) represents the latest input sample, ( − 1) the last sample, and ( ) is the integrator filter output data sequence, ( ) is the output data sequence of the system and ( − 1) is previous output of the system. The parameters 0 , 0 , 0 and 0 are the filter coefficients. If the coefficients 0 = 1 , 0 = 1 , 0 = 1 and 0 = 1 then the proposed filter equation will be: The equation (3) is called transfer function of the integrator. An integrator filter is a digital high pass filter (HPF). Basically, the integrator circuit is similar to an accumulator which is used to accumulate or store the sum of the input data.
Taking Z-transform on both side of the equation (1) as
( ) Represents the transfer function of the Ztransform. The output of the integrator is the sum of the present input and the past output as can be observed from the time domain representation the equation (3) based on the equation (5), a block diagrammatic representation of the digital integrator can be modeled and is shown in Figure 3 . Taking Z-transform on both side of the equation (4) as
From the time domain representation of it can be explained that the output of the differentiator is the difference between the present input and the past input. Based on the equation (6) the block diagram of the differentiator can be modeled and is shown in Figure 4 . 
III. PROPOSED ALGORITHM
In particular, a general purposed of novel digital filter is implemented by setting up an inner loop to execute the proposed time-domain digital filter by Equation (1) and (2) and calculate the filter output as specified of these equation. On the implantation of this filter, the data of the filter are quantized to 8 bit by multiplying each coefficients by 2 8 . The flow chart for N-point of equation (1) & (2) showing the inner loop is given in Figure 4 , the complete proposed digital filter has at least four essential parts: 1) Initialization: Initialize system, this may include setting up a coefficient As much of steps, 1, 2 and 4 are the system dependent, we will concentrate on the inner loop computation here. The proposed digital filter inner loop may be implemented with the following instruction in ALTRA Cyclone II board with processors EP2C35F672C. The coefficients, , and the data array are stored in memory as shown in Figure 3 & 4. In the pipeline mode, the coefficients and data are accessed sequentially from memory and applied to the register and multiplied. The products are summed in the accumulator. Successive multiplication-accumulation (MAC) will be performed.
In this case the coefficient and data memories are organized as shown in Figure 4 & 5. The auxiliary registers AR1, AR2, AR3, AR4 are used for indirect addressing in the inner loop computation (the MAC instruction) and initially points to the oldest data sample ( − 1) in the data memory. The following procedure are executing in the inner loop such as a. Adds the previous product to the accumulator e.g.
initially, the product is zero. b. Multiply the coefficients by the data memory ( ) and store into AR1 and also by ( − 1) and store into AR2, initially AR1 point's ( ) and then successively, points ( − ) decrement the address by 1 and initially AR2 points ( − 1) and successively, points ( − + 1) as we go round the loop. c. Adding the data from AR1 and AR2 and store into AR3, which is represent ( ). d. Multiply the coefficients to auxiliary register AR3 store into AR4 and Multiply the coefficients to auxiliary register AR2 store into AR5. Initially AR4 point's ( ) and then successively, points ( − ) decrement the address by 1 and initially AR5 points ( − 1) and successively, points ( − + 1) as we go round the loop. e. Decrements AR4 by AR5 and store into AR6 which represents ( ). The data and coefficient storage for the direct structure is depicted in Figure 5 & 6. The direct form filter is simple to program and can lead to a somewhat faster implementation than the canonic structure. Figure 7 it is seen that, at the ℎ cycle, the processor could be simultaneously fetching the ℎ instruction, decoding the ( − 1) ℎ instruction and at the same time executing the ( − 2) ℎ instruction. Figure 8 giving the timing diagram for a three-stage pipeline, draw to highlight the instruction steps. Typically, each step in the pipeline takes one machine cycle. Thus during a giving cycle up to a three different instructionsmay be active at the same time, although each will be at a difference stage of completion. The key to an instructions pipeline is that the three parts of the instructions are independent and so the execution of multiple instructions can't be overlapped. Here differentiator output is the main output of the proposed filter. 
IV. DESCRIPTION OF DIFFERENT RTL BLOCKS
Register-transfer-level (RTL) abstraction is used in hardware description languages (HDLs) like Verilog and VHDL to create high-level representations of a circuit, from which lower-level representations and ultimately actual wiring can be derived. Design at the RTL level is typical practice in modern digital design [12] . Here, Verilog hardware description language has been used for RTL designing. The description of different RTL blocks has been given below:
A. Data_in
It is a register type module which temporarily stores the input EEG signal value and it serves this value to the Buffer in accordance to the control ROM bit sequences. It is an 8-bit register.
B. Data_out
It is also a register type module which temporarily store the values from Buffer and provides it to the peripherals of the system. It is an 8-bit register.
C. Clk
Clk is used to send pulses to the flip-flops. It is a single bit register. It helps to count cycles and data can be passes through registers. 
D. Hold
It is a single bit register which helps to see some specific data of EEG signal or to stop that data so that the data can be monitored if unwanted something happen and to halt the other data.
E. Reset
It is a single bit register which used to set the value of data to an initial stage and refresh the ROM memory. Reset is used at the start of every new process.
F. LESS_THAN
It is used give a threshold value so that below or above of this threshold value data can't pass through the MUX21 and go for the loop procedure.
G. Buffer
It is a one kind of register which temporary store the data after the process of clk, reset and hold when the data is entered from the Data_In. It is an 8-bit register.
H. Add0
It is a register type module used to add data as a function of an integrator filter which is described in equation 3.
I. Add1
It is also a register type module used to subtract data as a function of a differentiator filter which is described in equation 4 and passes the data to output stage which is named 'Data out'.
J. MUX21
There are 6 MUX21 in the RTL. Three are for Data_In and three are for Data_out. All of them are 8-bit registers which temporary store the data after the input and before the output procedure. Figure 9 and 10 describe RTL and past RTL diagram of the complete filter respectively. Floor plan indicates that the area required by the synthesized circuit is very small which can be observed from the chip planner view of ALTRA Cyclone II board with processors EP2C35F672C6 as given in Fig. 11 . The chip planner view shows the placement and amount of the CLBs to implement the design inside the FPGA chip [13] . Figure 11 shows that the area occupied by the synthesized circuit (area occupied by rectangles bluer than the others) is quite small. At initialization, the RAM locations where the data samples are to be stored are set to zero since we always start with no data. The following operations are then performed.
Step. 1: Read EEG data sample from EEG database to the ADC after threshold applied, shift data RAM one place (to make room for the new data), save the new input sample, compute integrator output sample from Equation (3) and compute final output from Equation (4) and then send to the DAC: At initial stage, setting first positive clock pulse=1, reset=1, hold=0, and initial past sample output: (−1) = 0 (computed output samples as shown in Table. 1)
Data in RAM Coefficient Memory
Difference Equation
Step. 2: Repeat the above operation at 2 nd positive clock pulse=1, reset=0, hold=0 and workout the new output sample and send to the DAC:
Difference Equation Step. 3: Repeat the above operation at 3 rd positive clock pulse=1, reset=0, hold=0 and workout the new output sample and send to the DAC: Step. 4: Repeat the above operation at 4 th positive clock pulse=1, reset=0, hold=0 and workout the new output sample and send to the DAC:
(2) = 46 1
Step. 8: Repeat the above operation at 8 th positive clock pulse=1, reset=0, hold=1 and workout the new output sample and send to the DAC:
Difference Equation (6) = 28 1 (7) = 30 1 (7) = 58 1 (7) = (7) + (6) = 58 (7) = 28 1 (7) = (7) − (6) = 28
Note that the oldest data sample has now fallen off at the end.
Step. N: Repeat the above operation at n th positive clock pulse=1, reset=0, hold=0, past sample output: ( − 1) and workout the new output sample and send to the DAC: Table 1 shows the comparisons between input and output data of the proposed filter. The input data is the EEG signal, integrator output is the output of the integrator filter, hold is used for to see a specific data, output (quantized) is the original output data of the proposed filter which is the EEG signal as shown in the equation 2. Figure 12 shows the comparison chart among input, output and integrator output data where x-axis shows the quantized value of EEG signal and y-axis shows the no. of data. This chart is made on the basis of 180 data. Figure 13 shows the real time result analysis of EEG signal with the help of this proposed complete filter. Here 60 is the input value whose binary value is 00111100 because input data is 8 bits. After solving with complete filter, the binary integrator output value is 00111100 in decimal 60 as the initial value is zero and the last output value is 00111100 in decimal 60. The output will store to the memory RAM as previous output value. Here 46 is the input value whose binary value is 00101110 because input data is 8 bits. After solving with complete filter, the binary integrator output value is 01101010 in decimal 106 as previous value is 60 and the last output value is 00101110 in decimal 46 as desired. The output will store to the memory RAM as previous output value. After following the closed loop, the output values for different values of input are shown in Fig. 13 which represent the timing diagram of the proposed filter.
FPGAs are pre-fabricated semiconductor device which consist of different number of interconnected reconfigurable logic elements and each element consist of a number of blocks. It consists of high speed lOBs, LUT, flip-flop and memory blocks, has CLB with multiple slices and DSP blocks [14, 15] . The ALTRA Cyclone II board with processors EP2C35F672C6 is used for implementing our proposed architecture. Though there are many filters are available, complete filter can become one of the best and mostly used filters for the detection of EEG signal. By using FPGAs, this paper implemented a filter digitally. FPGAs are more useful than any other digital system and using Verilog HDL exact synthesized result and RTL schematic has been established. Less blocks were used with very little delay. The proposed method is low cost, high performance, self-reconfigurable, flexible and easy to implement. This proposed architecture can be useful for real time EEG signal detection application. In future, this proposal can be designed and implemented for other biomedical signals to make it more effective. 
